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We propose a novel scheme of subband adaptive array (SBAA) for direct-sequence code division multiple access (DS-CDMA). The
scheme exploits the spreading code and pilot signal as the reference signal to estimate the propagation channel. Moreover, instead
of combining the array outputs at each output tap using a synthesis filter and then despreading them, we despread directly the array
outputs at each output tap by the desired user’s code to save the synthesis filter. Although its configuration is far diﬀerent from
that of 2D RAKEs, the proposed scheme exhibits relatively equivalent performance of 2D RAKEs while having less computation
load due to utilising adaptive signal processing in subbands. Simulation programs are carried out to explore the performance of
the scheme and compare its performance with that of the standard 2D RAKE.
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1. INTRODUCTION
Digital mobile communications are aﬀected by multipath
fading and interference causing reduced channel capacity
and impaired signal quality. One approach to overcome the
problem is to use the spread spectrum or specifically code di-
vision multiple access (CDMA). The use of orthogonal codes
with large processing gain can help to reduce the cochannel
interference (CCI) and prevent users from interfering with
each other, that is, reduce the multiple access interference
(MAI) [1]. Another approach to cancelling interference and
increasing channel capacity is to employ array antenna at the
base station. The use of an array antenna with an appro-
priate adaptive algorithm adds another dimension, namely,
spatial dimension to channel estimation resulting in spatio-
temporal signal processing which has been realised as an ef-
ficient scheme for improvement of capacity and interference
suppression [2].
The combination of an array antenna and CDMA to
maximise performance benefits was first presented by Comp-
ton in [3] and studied further in [4, 5, 6, 7, 8, 9]. It was
clearly shown that this combination helps to greatly reduce
interference and improve channel capacity. When the RAKE
receiver is integrated with an adaptive array to become a
two-dimensional (2D) RAKE, multipaths are better com-
bined since information from both spatial and temporal do-
mains can be exploited to estimate the propagation chan-
nel. Several schemes of 2D RAKE have been proposed and
























































Figure 1: Subband adaptive array for DS-CDMA.
studied in [5, 6, 7]. A typical configuration of 2D RAKE re-
ceivers often contains a beamforming structure followed by
a conventional one-dimensional (1D) RAKE as presented in
[6, 7]. By using these 2D RAKEs, the system performance
has been shown to be greatly improved compared with that
of 1D RAKE receiver alone or CDMA with adaptive array
antenna without implementing RAKE combination. How-
ever, the beamforming structures used in these 2D RAKEs re-
quire large computation load which results in increased pro-
cessing delay. The solution to reduce computational load is
to use subband signal processing for array antenna or sub-
band adaptive antenna (SBAA) which has been recently in-
troduced in [10, 11, 12].
SBAA utilises analysis filter bank to decompose the re-
ceived signal into subbands and performs adaptive signal
processing in each subband. The output signals at out-
put taps are then reconstructed using synthesis filter bank.
By doing so, the computational load of SBAA decreases
significantly compared with broadband beamformers such
as tapped delay line adaptive array (TDLAA) [13]. More-
over, compared with conventional adaptive arrays perform-
ing only spatial processing (narrow-band beamformers), the
use of SBAA helps to increase the correlation between multi-
paths [11] and allows implementation of parallel processing.
Therefore, SBAA can be considered a prospective candidate
for spatial-temporal processing.
In this paper, we propose a novel scheme of adaptive
array for direct-sequence CDMA (DS-CDMA) using sub-
band signal processing to make use of CDMA and SBAA
advantages. The subband structure of the scheme is simi-
lar with that introduced in [10]. However, the method used
to generate the reference signal and combine the array out-
put used in the scheme is diﬀerent. In our approach, we use
the spreading code and pilot signal as the reference signal
to estimate the propagation channel. To generate the refer-
ence signal, the user’s spreading code is first transformed to
the frequency domain using fast Fourier transform (FFT)
and then this transformed code is used to despread the pi-
lot signal. Moreover, instead of combining the array outputs
at output taps using a synthesis filter and then despreading
them, we despread directly the array outputs by the desired
user’s code and thus the synthesis filter is saved. Although
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its configuration is far diﬀerent from that of the 2D RAKE
receivers, the proposed scheme exhibits relatively equivalent
performance while having less computation load due to util-
ising adaptive signal processing in subbands. For this reason,
we call the scheme an implicit 2D RAKE receiver.
We organise the rest of the paper as follows. In Section 2,
we present the description of the proposed scheme of SBAA
for CDMA, focusing on its capability to resolve multipath
fading and suppress interference. In Section 3, we compare
the performance of the implicit 2D RAKE with that of
the standard 2D RAKE using simulation results obtained
from computer programs. Finally, we conclude our paper in
Section 4.
2. SBAA FOR DS-CDMA
2.1. Configuration description
In this section, we provide the description of the proposed
SBAA scheme for DS-CDMA. The configuration of the
scheme is shown in Figure 1.
Consider an asynchronous direct-sequence spread BPSK
system, where after demodulation to remove the carrier fre-
quency, the received signal of the ith user is given by
si(t) = αici(t)bi(t), (1)
where αi is the complex amplitude of the received signal, bi(t)
is the ith user’s symbol given for BPSK modulation as
bi(t) = bu ∈ {−1, 1}, uTb ≤ t < (u + 1)Tb, (2)
and ci(t) is the spreading code assigned to the ith user with
ci(t) = cv ∈ {−1, 1}, vTc ≤ t < (v + 1)Tc. (3)
In (2) and (3), Tb and Tc are the bit and chip intervals, re-
spectively. In the practical systems, Tb is often selected to be
much larger than Tc to have high processing gain, that is,
PG = Tb/Tc  1.
Assume that the system is aﬀected by multipath fading,
where the received signal from the ith user contains Pi mul-
tipaths with diﬀerent amplitudes αi,p, delays τi,p, and arrival
angles θi,p. Taking into consideration the eﬀect of all I users




















where a(θi,p) is the array response vector corresponding to
the pth path of the ith user’s signal, and
n(t) =
[
n1(t) n2(t) · · · nM(t)
]T
(5)
is the noise vector containing independent and identically
distributed (i.i.d) noise in each element. For a linear uni-




) = [1 e− j(2πd/λ) sin θi,p · · · e− j(2(M−1)πd/λ) sin θi,p]T ,
(6)
where λ is the signal wavelength, d is the distance between
array elements, and [·]T denotes the vector transpose opera-
tion.














as the signal vector received from the pth path of the ith user,






si,p(t) + n(t). (8)
Next, the received signal x(t) is decimated with a decima-
tion rate D which is smaller than or equal to the number of
subbands K before being converted into frequency domain
subband samples. For D = K , we have a critical sampling
SBAA, and for D < K , we have an oversampling SBAA. In
our approach, we use the critical sampling to reduce the com-
plexity in generating the reference signal for the training pro-
cess. As a result, the decimation rate D in Figure 1 is equal
to the number of subbands K . Since critical sampling is as-
sumed, the analysis filter works as a serial-to-parallel (S/P)
converter and converts serial signal samples into parallel sub-
band samples. These subband samples in time domain are
then transformed into frequency domain subband samples
using (FFT). Denote bold symbols with an overhead tilde as
vectors containing samples in the frequency domain, the sub-









In order to perform the adaptive signal processing in sub-
bands, it is necessary that the reference signal also be con-
verted into frequency domain subbands as the received sig-
nal. In our proposed configuration of SBAA for DS-CDMA,
the reference signal is generated from the desired user spread-
ing code and the pilot signal. First, the user spreading code
is transformed into frequency domain using the FFT trans-
form, and then this frequency domain spreading code is used
to spread the pilot signal. The result of this process is the fre-
quency domain reference samples for each subband. Suppose
that the 0th user is taken as the user of interest (desired user),
while the rest (I−1) users are uninterested (undesired users).
Assume that the pilot signal of the 0th user is d0(t), then the







t − [k − 1]Tc
)
d0(t)e− j(2π/K)(n−1)(k−1). (10)
It should be pointed out that the spreading code length is
equal to the number of subbands K , and thus the array
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Figure 2: Standard 2D RAKE receiver for DS-CDMA.
configuration is dependent on the initial selection of the
spreading code length.
In the training process, the complex weights in subbands
are updated by the error signal defined as the diﬀerence be-
tween the combined subband signal f˜ (n) and the reference
signal in subbands r˜(n) as follows:
e˜ (n) = f˜ (n) − r˜ (n). (11)
Using the mean square error E[(e˜(n))2] as a criterion to op-
timise the complex weights will result in the optimal weight
vectors in subbands given by the well-known Wiener-Hopf
equation
w˜(n) = (R˜(n))−1p˜(n), (12)
where R˜(n) = E[x˜(n)(x˜(n))H] are the covariance matrices and
p˜(n) = E[x˜(n)(r˜(n))∗] are the reference correlation vectors in
subbands. Here E[·], (·)∗, and (·)H denote the expectation,
the complex conjugate, and the Hermitian operation, respec-
tively.
The subband signals after being weighted by the opti-
mal weights are combined according to each subband and
the inverse FFT (IFFT) is then performed on the subband
combined signals f˜ (n) to give the array outputs yk(t) in time
domain. To convert these array outputs to the serial sig-
nal, a synthesis filter or a parallel-to-serial (P/S) converter
for the case of the critical sampling SBAA is often needed
[12, 13, 14, 15, 16]. Since the signal-to-interference-plus-
noise ratio (SINR) performance of SBAA does not depend
on the synthesis filter [12], in our approach instead of con-
verting yk(t) into serial signal y(t) and then despreading this
serial signal, we despread directly yk(t) by the desired user’s
spreading code c0(t) to save the synthesis filter bank. The role
of this despreading part is the same as that of the correlator
in the direct-sequence spread BPSK receivers.
By using our proposed configuration of SBAA for DS-
CDMA, several advantages can be achieved including a 2D
RAKE’s function although its configuration is far diﬀerent
from that of the conventional 2D RAKE receiver. For this rea-
son, hereafter we will call the proposed SBAA for DS-CDMA
an implicit 2D RAKE receiver.
2.2. Implicit 2D RAKE versus 2D RAKE
In this section, we compare the performance of the proposed
implicit 2D RAKE with that of the standard 2D RAKE. A
standard RAKE receiver often employs a TDL with complex
weights to coherently/incoherently combine delayed paths to
maximise the output SINR [8]. This standard RAKE is also
referred to as 1D RAKE since only the temporal structure of
the received signal is exploited to estimate the channel re-
sponse [6]. Due to the increasing research results on spatio-
temporal processing, a new configuration of RAKE which
is called the spatio-temporal RAKE receiver has been intro-
duced in [5, 6, 7]. The spatio-temporal RAKE, which is also
known as 2D RAKE receiver, is an extension of 1D RAKE
where a conventional time domain RAKE receiver is com-
bined with an adaptive array antenna to exploit both spatial
and temporal structures of the received signal for maximum
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power combination of delayed paths. Due to the additional
spatial dimension, both multipath fading and MAI are bet-
ter mitigated, leading to the increased channel capacity and
improved output SINR [6]. When constructing 2D RAKE re-
ceivers for CDMA, there exist diﬀerent methods to integrate
1D RAKE with an adaptive array antenna resulting in diﬀer-
ent variations of 2D RAKE such as those in [5, 6]. In this
paper, for the purpose of comparing our proposed implicit
2D RAKE with 2D RAKEs, we will consider only the stan-
dard 2D RAKE given in Figure 2. This standard 2D RAKE
is similar to the one introduced in [7]. The main principle
of the standard 2D RAKE is that the received signal at the
mth antenna sm(t) is first put through a TDL of length K .
The output signals from the TDL are then multiplied with an
optimum weight vector wm = [wm,1 wm,2 · · · wm,K ]T and
combined together. After that, the combined signals from
each antenna will be combined with each other and despread
to give the output signal y(t). Note that the received signals
sm(t) are processed on the chip-by-chip basis by the stan-
dard 2D RAKE rather than the block-by-block mode as in
the implicit 2D RAKE. Moreover, the process used to update
weights in the standard 2D RAKE is done in time domain in
contrast to that in the frequency domain in the implicit 2D
RAKE.
Now we consider the implicit 2D RAKE presented in
Section 2.1. The implicit 2D RAKE receiver is diﬀerent from
the 2D RAKE receivers presented so far [5, 6, 7] in that it
performs adaptive signal processing (beamforming) in sub-
band frequency domain rather than in full-band time do-
main. By using subband frequency domain processing, the
implicit 2D RAKE has the following performance character-
istics compared with the standard 2D RAKE.
(i) Relatively equivalent performance. Since SBAA using
FFT is a theoretically equivalent form of TDLAA, the
performances of both the adaptive arrays are relatively
equal. In [13], Compton has shown that the output
SINR of TDLAA is identical to that of SBAA using
FFT provided that the number of taps in TDLs is the
same with the number of samples used by FFT. Conse-
quently, the performance of the implicit 2D RAKE re-
ceiver is also the same as that of the standard 2D RAKE
if the number of subbands K of the implicit 2D RAKE
is the same as the number of employed taps in the stan-
dard 2D RAKE. This is true for single path environ-
ment since the output SINRs of both the 2D RAKEs
are given as a function of the number of antennas M,
the processing gain PG, and the input signal-to-noise
ratio SNRin as follows:






However, in multipath fading environment, the con-
clusion of [13] is no longer valid due to lack of con-
sidering the correlation between multipaths. Although
subband signal processing has been shown to have ca-
pability to enhance the multipath correlation [11, 12],
the performance of SBAA is in eﬀect still not as good
as that of TDLAA [12]. Assume that there are two
multipaths with equal powers, incident at the array:
the direct path with angle of arrival (AOA) of 0◦ and
the delayed path with AOA = 30◦. For a linear half-
wavelength spaced array antenna, the two paths are or-
thogonal and thus totally uncorrelated. In this case, if
the delay of the delayed path is smaller than the num-
ber of employed taps, the output SINR of the standard
2D RAKE is given by




+ 10 log10(2) + SNRin[dB],
(14)
whereas the output SINR of the implicit RAKE de-
creases from the value of (14) to the value of (13) de-
pending on the delay of the delayed path. When the
delay is very large, there may be diﬀerence up to 3 dB
in the output SINR of the two 2 RAKE receivers. The
performance degradation of the implicit 2D RAKE can
be attributed to the block mode, that is, decimation, in
processing the received signals. As we will explain in
the next part, by decimating the received signals, the
2D RAKE can achieve significantly reduced compu-
tational complexity sacrificing the multipath correla-
tion. However, as clearly shown in [11], if the number
of subbands, or equivalently the length of spreading
code, is chosen large enough, the 2D RAKE can obtain
almost full multipath correlation leading to smaller
degradation. Moreover, it is noted that practical DS-
CDMA systems often suﬀer multipaths with delay of
about several chips. Therefore, if the channel suﬀers
from small delay and the length of spreading code is
chosen large enough, the output SINR of the implicit
2D RAKEwill be relatively equal to that of the standard
2D RAKE receiver. This conclusion will be supported
by simulation results in Section 3.
(ii) Reduced computational load. This can be seen by com-
paring the processing methods of the implicit and
standard 2D RAKE receivers. While the standard 2D
RAKE processes the received signal in the chip-by-chip
basis, this is done on block-by-block mode by the im-
plicit 2D RAKE. As a result, the implicit 2D RAKE
requires less mathematical operations than the stan-
dard 2D RAKE does. For a K tap andM element array
antenna, the standard 2D RAKE employing the sam-
ple matrix inversion (SMI) algorithm requires (KM)3
multiplications for each weight update. The implicit
2D RAKE with K subbands, on the other hand, needs
only KM3 multiplications [13]. Taking into account
2K log2 K multiplications due to both FFT and IFFT
processing, the computational load required by the
implicit RAKE is K(M3 + 2 log2 K). Since DS-CDMA
systems are often implemented with large processing
gain PG, then K is large, and thus (KM)3  K(M3 +
2 log2 K). Consequently, the use of the implicit 2D
RAKE helps to save a considerably large amount of
computational load.





















Implicit 2D RAKE (SNRin = 0 dB)
Standard 2D RAKE (SNRin = 0 dB)
Implicit 2D RAKE (SNRin = −10 dB)
Standard 2D RAKE (SNRin = −10 dB)
Theoretical limit
Figure 3: SINR versus delay of delayed path (θ0,0 = 0◦/τ0,0 = 0 chip,
θ0,1 = 30◦).
(iii) Parallel structure. Parallel structure is an advantage of
the implicit 2D RAKE over the standard 2D RAKE.
The parallel structure of the implicit 2D RAKE allows
implementation of parallel processing, that is, distri-
bution of tasks over diﬀerent digital signal processors
(DSPs), which is very convenient for constructing high
complexity systems such as an adaptive array with a
large number of antenna elements.
3. SIMULATION RESULTS
In this section, we carry out the performance analysis of the
implicit 2D RAKE using simulation results by computer pro-
grams. We will focus our analysis mainly on two capabilities
of the implicit 2D RAKE: (i) multipath combining capabil-
ity and (ii) interference suppression capability. While inter-
ference suppression is the inherent capability of adaptive ar-
ray antenna,multipath combining capability is gained thanks
to the use of subband signal processing. We note here again
that a conventional adaptive array performs only spatial pro-
cessing (narrow-band beamforming), and thus does not have
capability to combine multipath components. SBAA, on the
other hand, was shown in [11] to be able to increase the mul-
tipath correlation, and thus has the capability to combine
multipath components. We also compare the performance of
the implicit 2D RAKE with that of the standard 2D RAKE to
support our discussion in Section 2. The simulation model is
given in Table 1.
For simplicity, when performing the simulation, we as-
sume perfect synchronisation of the pilot signal and we use
the recalculation method to obtain the output SINR. The
1 000 data symbols are first used as the training symbols to
806040200−20−40−60−80



















τ0,1 = 1 chip
τ0,1 = 5 chips
Figure 4: SINR versus AOA of delayed path (θ0,0 = 0◦/τ0,0 = 0 chip,



























SNRin = 10 dB
SNRin = 0 dB
SNRin = −10 dB
Figure 5: SINR versus number of antennas (θ0,0 = 0◦/τ0,0 = 0 chip,
θ0,1 = 15◦/τ0,1 = 1 chip, and θ0,2 = −20◦/τ0,2 = 2 chips).
obtain the optimal weights by SMI algorithm. These sym-
bols are then used again as the data symbols to calculate the
output SINR.
3.1. Multipath combining capability
Themultipath combining capability of the implicit 2D RAKE
is illustrated in Figures 3, 4, and 5. In Figure 3, we assume
that there are two multipaths incident at the array: the di-
rect path with θ0,0 = 0◦ and delay τ0,0 = 0 chip, and the
delayed path with θ0,1 = 30◦ and delay τ0,1 varying from 0 to
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Table 1
Simulation model
Type of array Linear with d = λ/2
Number of antennas M = 4
Number of subbands (number
of TDLs for standard 2D RAKE) K = 31
Type of modulation Direct-sequence BPSK
Data length 1 000 symbols
Spreading code Gold code with PG = 31
Adaptive algorithm Sample matrix inversion
Input SNR 0 dB
20 chips. It is noticed that the output SINR of the implicit 2D
RAKE decreases gradually between the two theoretical limits
as the delay of the delayed path increases. The upper limit
is the SINR value when the two paths are completely corre-
lated and are calculated using (14), while the lower limit is
the SINR value calculated using (13) corresponding to the
case in which the two paths are totally uncorrelated. It is also
noted that the performance of the standard 2D RAKE is bet-
ter than that of the implicit 2D RAKE in that the output SINR
of the standard 2DRAKE is kept almost constant at the upper
theoretical limit. The reason why the implicit 2D RAKE can-
not achieve the same output SINR of the standard 2D RAKE
is explained as follows. Since the standard 2D RAKE utilises
TDLs to combine multipaths if the delay of multipaths are
within the length of TDLs, the correlation betweenmultipath
components are fully maintained and thus its output SINR is
maximised. On the other hand, the correlation betweenmul-
tipaths in each subband of the implicit 2D RAKE decreases as
the delay of delayed paths increases [11], causing the output
SINR to deteriorate as shown Figure 3. Thus it is clear that if
the delay is smaller than K , the standard 2D RAKE combines
multipaths better than the implicit 2D RAKE does. However,
the practical DS-CDMA systems often suﬀer multipaths with
delays of about several chips, and in such case, the implicit
2D RAKE can achieve relatively equivalent performance of
the standard 2D RAKE particularly at low input SNR.
Figure 4 shows the output SINRs as the AOA of the de-
layed ray θ0,1 varies. It can be seen that if the delayed ray ar-
rives at the array from an AOA significantly diﬀerent from
the direct ray, then better output SINR can be achieved by
both the 2D RAKEs. The reason for this is that when the dif-
ference in the AOAs of the two paths is large enough, the 2D
RAKEs can produce a supplementary lobe with a certain gain
pointing towards the AOA of the delayed ray. By doing so,
the power of the delayed ray is optimally combined to max-
imise the output SINR. Whereas when the diﬀerence in the
AOAs is small, the 2D RAKEs cannot create the additional
lobe, causing the two paths to share the same main lobe, and
thus the power of the delayed path cannot be optimally com-
bined, leading to poorer output SINR. It is also noticed that
when the delay of the delayed path is small, namely, when
τ0,1 = 1 chip, the performances of the implicit 2D RAKE
and the standard 2D RAKE are almost the same. However,
as the delay of the delayed path increases, the performance of
the implicit 2D RAKE becomes worse than that of the stan-
dard 2D RAKE. For τ0,1 = 5 chips, the standard 2D RAKE
can achieve approximately 1.7 dB better output SINR than
the implicit 2D RAKE does.
Figure 5 compares the performances of the two 2D
RAKEs for diﬀerent number of antenna elements and input
SNRs. In this case, we assume that the received signal con-
tains three multipaths: the direct path with θ0,0 = 0◦/τ0,0 = 0
chip, the first delayed path with θ0,1 = 15◦/τ0,1 = 1 chip, and
the second delayed path with θ0,2 = −20◦/τ0,2 = 2 chips.
We define the input SNR as the power ratio of each path
to the noise, and compare the performances of the two 2D
RAKEs for 3 values of input SNR: −10 dB, 0 dB, and 10 dB.
It is seen from Figure 5 that the performances of the two 2D
RAKEs are relatively equivalent, particularly, for low input
SNRs. The reason why the implicit 2D RAKE cannot ob-
tain the same output SINR as the standard 2D RAKE does
at high input SNRs can be explained as follows. Since the sig-
nal power at the array output includes both the power of the
desired signal and an amount of desired signal power corre-
lated in the multipaths, the diﬀerence between output SINRs
of the two 2D RAKE schemes depends mainly on the capa-
bility to extract the correlated signal power from multipaths.
At low input SNR, since noise power is dominant, the out-
put SINRs of both the two schemes thus are similar. How-
ever, at higher input SNR, the signal and the correlated sig-
nal power become dominant. Since the standard 2D RAKE
has been shown to combine multipaths better, the correlated
power it can extract from multipaths is thus larger than that
the implicit 2D RAKE can do. Consequently, the SINR per-
formance of the standard 2D RAKE is better than that of the
implicit 2D RAKE at high input SNR.
3.2. Interference suppression capability
We now compare theMAI cancellation capabilities of the im-
plicit 2D RAKE and the standard 2D RAKE. The propagation
model is set up with one desired user and three other unde-
sired users with interference to noise ratio INR = 0dB as
MAI sources. For each user’s signal, we assume there are one
direct ray and two delayed rays with AOAs and delays as given
in Figure 6. In the figure, the denotation a◦/d means that the
path is incident at the array from arrival angle a◦ with d chip
delay. When there are no multipaths in all user’s signals, that
is, each user’s signal contains only the direct path (with 0 de-
lay), the propagation environment is called the interference
only; whereas if there are multipaths, it is defined as the in-
terference plus multipath environment.
The interference suppression capability of the two 2D
RAKE schemes is shown in Figure 7, where the solid and the
dotted lines denote the output SINRs of the interference plus
multipath and the interference only environments, respec-
tively. It is noticed that in the interference only environment,
both the two 2D RAKEs have the same interference sup-
pression capability. However, when there exist multipaths,
the performance of the implicit 2D RAKE deteriorates about
1.5 dB compared with that of the standard 2D RAKE. There-
fore, it is concluded that although the implicit 2D RAKE
achieves the same interference suppression capability with
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Figure 8: Normalised power patterns (Case 4 of Figure 6).
that of the standard 2D RAKE, it suﬀers the problem of mul-
tipaths of the interferences more seriously than the standard
2D RAKE does.
The normalised power patterns of the two 2D RAKEs
corresponding to Case 4 of Figure 6 are compared in
Figure 8. It is observed that the two 2D RAKEs produce the
same power patterns in the interference only environment.
However, when there are multipaths, the power pattern of
the implicit 2D RAKE becomes worse in that its nulls are still
not correctly pointed toward the direct path of interferences
causing the poorer performance. Note that the multipaths
are not perfectly combined in the implicit 2D RAKE, par-
ticularly, with 32 subbands as used in the simulation. There-
fore, the nulls are slightly inclined from the direction of in-
terferences. For larger number of subbands or spreading code
length, it is expected that the power patterns of the two 2D
RAKE will be the same.
4. CONCLUSION
We have presented a novel configuration of subband adaptive
array for DS-CDMAmobile radio which is called the implicit
2D RAKE. It is clearly shown that the implicit 2D RAKE can
obtain relatively equivalent performance as the standard 2D
RAKE does while saving a large amount of computational
load. The proposed configuration therefore can be well ap-
plied for DS-CDMA systems to maximise the performance
benefits.
It should be noted that the performance of the implicit
can be improved to be the same with that of the conventional
2D RAKE by combining with cyclic prefix data transmission
scheme [16]. For CDMA, we have introduced the so-called
cyclic prefix spread code [15] which can maximise the diver-
sity gain of the implicit 2D RAKE in multipath fading envi-
ronment. This proposed scheme will be a topic in a diﬀerent
paper.
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